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SIP Message Transmission During Pseudo MTBF Mode
1. Introduction
In [1] Ericsson submitted a proposal for a new Pseudo MTBF mode (PMM) of operation which serves as an alternative to the MTBF feature by supporting two distinct SNDCP/LLC user plane flows using a single RLC engine running in non-persistent mode where upper layer PDUs can be re-submitted. For the use case where the two user plane flows of interest are VoIP and SIP, the reliability with which SIP messages can be sent during a VoIP call during PMM was questioned and further clarification was requested. This issue is further discussed in the remainder of this paper.

2. Background

It should be noted that when PMM is to be used to support the VoIP/SIP use case, initial UL/DL TBFs are first established to perform SIP signaling using an RLC engine operating in AM (i.e. SIP signaling first proceeds to the point where the transmission of VoIP payload can be enabled). Typically an MS determines that VoIP payload transmission can be enabled as a result of SIP signaling performed while in packet transfer mode and when this occurs it sends a Packet Resource Request indicating request for PMM. The network allocates this mode to the MS by sending a Packet Uplink Assignment message indicating RLC NPM is to be used while in PMM. When the MS operates in PMM for the VoIP/SIP use case and the NPM timer expires for any given LLC PDU, if the LLC PDU contains VoIP payload it will be discarded whereas if the LLC PDU contains SIP payload it will be re-queued as new LLC PDU and a new NPM timer will be started. However, to better understand the reliability of SIP signaling during a VoIP call supported using PMM, the following should be noted:
· RLC data blocks sent during PMM shall include either VoIP payload or SIP signaling payload, not both. However, since the need to perform SIP signaling during a VoIP call is low the loss of bandwidth efficiency resulting from this restriction is minimal.
· Of all the SIP signaling messages that may be sent during a VoIP call only the MODIFY can have a length that is significant enough to warrant reliability concerns (i.e. the worst case message length is 2000 octets).
· XID signaling procedures associated with the PDP Context activated in support of SIP signaling configures the LLC engine to use the minimum allowed value for N201-U (i.e. 140 octets).
· Upon receiving an uplink RLC data block containing a TFI associated with SIP signaling, the BSS may temporarily allocate additional USF based transmission opportunities for the corresponding MS to help ensure there is sufficient uplink bandwidth for sending both the SIP and VoIP payload within the constraints imposed by the RLC NPM timer.
· When SIP signaling is sent it uses the same channel coding scheme being used to send the VoIP payload.

· SIP signaling watchdog timers are in the order of seconds which allows the RLC engine a generous amount of time to transmit any given SIP signaling message.

3. SIP Transmission Examples
The case where an MS needs to send a SIP MODIFY message during a VoIP call is considered based on the following assumptions. 
· The SIP MODIFY message is 980 octets long which translates into a set of 7 LLC PDUs (i.e. each UI frame has an information field containing 140 octets of payload).
· The nominal value of the RLC NPM timer used in PMM is set to 120ms.

· The uplink TBF makes use of RTTI configuration where a single PDCH pair is allocated and the BSS normally assigns the MS an uplink transmission opportunity on every 2nd uplink radio block.

· Upon detecting an uplink RLC data block containing the TFI associated with SIP signaling the BSS increases the uplink transmission opportunities for that MS to once every uplink radio block.
· The BSS reduces the number of uplink transmission opportunities back to normal after an implementation specific period of time during which no additional RLC data blocks containing the TFI associated with SIP signaling are detected.

Case 1:  MCS-3 Channel Coding is used

· Each RLC data block carries 37 octets of payload which means 4 RLC data blocks are needed to transmit any given LLC PDU containing 140 octets of SIP signaling.

· The initial transmission of each of these 4 RLC data blocks is performed over 60ms using uplink radio blocks X+1 and X+3 as shown in Figure 1 below  (i.e. RLC data blocks 1 and 2 are sent in uplink radio block X+1 and RLC data blocks 3 and 4 are sent in uplink radio block X+3).

· Upon receiving the first RLC data block containing SIP signaling in uplink radio block X+1 the BSS is able to increase the USF scheduling as early as downlink radio block X+3.

· If an error occurs in either of the RLC data blocks sent within uplink radio block X+1 the BSS will be able to send corresponding PAN information as early as downlink radio block X+3 allowing the MS to perform an incremental redundancy based retransmission for these RLC data blocks as early as within uplink radio block X+4. 

· If an error occurs in either of the RLC data blocks sent within uplink radio block X+3 the BSS will be able to send corresponding PAN information as early as downlink radio block X+5 allowing the MS to resend these RLC data blocks as early as within uplink radio block X+6.

· An MS may take into account PAN based feedback when deciding which RLC data blocks to re-transmit as indicated in Table 1 below. In addition, if an LLC PDU containing SIP signaling experiences RLC NPM timer timeout the MS will also take into account PAN feedback received after expiration of this timer to determine if that PDU needs to be re-transmitted.

· If the MS determines that LLC PDU re-transmission is required, the corresponding LLC PDU is re-queued. Note that the BSS only needs to correctly receive one uplink RLC data block having the TFI assigned for SIP signaling to determine that the USF scheduling rate should be increased.

· This means that for a 2nd attempt to transmit the first LLC PDU containing SIP signaling the MS will be able to make 4 initial RLC data block transmissions + 8 RLC data block re-transmissions (using incremental redundancy) over a 120ms RLC NPM time period.

· As such, after all other LLC PDUs containing SIP signaling transmitted after the first attempt to send the first LLC PDU containing SIP signaling will typically be provided with a 12 RLC data block budget over 120ms (as opposed to a 10 RLC data block budget over 120ms).

· By allocating a second PDCH pair for an UL/DL TBF to be used for supporting VoIP, once the MS has entered PMM and SIP signaling becomes necessary it can be transmitted within an even shorter time period (i.e. a 12 RLC data block budget over 60ms) including IR based pre-emptive re-transmissions. Using this assignment option the possibility of SIP signaling delaying the transmission of VoIP payload can be even further reduced.
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Figure 1: Allocation of Uplink Transmission Opportunities During SIP Transmission
	UL Radio Block
	PAN in Downlink Radio Block X+3 (corresponds to initial transmission of RLC data blocks 1 and 2)
	PAN in Downlink Radio Block X+5 (corresponds to initial transmission of RLC data blocks 3 and 4)

	
	 1  1
	0  1
	1  0
	0  0
	 1  1
	0  1
	1  0
	0  0

	X + 1
	Initial transmission of RLC data blocks 1 and 2

	X + 2
	No transmission

	X + 3
	Initial transmission of RLC data blocks 3 and 4

	X + 4
	PR of 3rd and 4th RLC DB
	NR of 1st RLC DB and PR of 3rd RLC DB
	NR of 2nd RLC DB and PR of 3rd RLC DB
	NR of 1st and 2nd RLC DB
	-
	-
	-
	-

	X + 5
	PR of 3rd and 4th RLC DB
	NR of 1st RLC DB and PR of 4th RLC DB
	NR of 2nd RLC DB and PR of 4th RLC DB
	NR of 1st and 2nd RLC DB
	-
	-
	-
	-

	X + 6
	-
	-
	-
	-
	IT for 1st and 2nd RLC DB for PDU#2
	NR of 3rd RLC DB (twice)
	NR of 4th RLC DB (twice)
	NR of 3rd and 4th RLC DB


Table 1 – Possible MS Re-transmission Strategy for Initial LLC PDU 

PR = pre-emptive retransmission (using incremental redundancy)

NR = normal retransmission triggered by NACK (using incremental redundancy)

IT = initial transmission

Case 2:  MCS-6 Channel Coding is used

· Each RLC data block carries 74 octets of payload which means 2 RLC data blocks are needed to transmit any given LLC PDU containing 140 octets of SIP signaling.
· The initial transmission for both of the 2 RLC data blocks is performed over 20ms using uplink radio block X+1 as shown in Figure 1 above (i.e. RLC data blocks 1 and 2 are sent in uplink radio block X+1).
· Upon receiving the first RLC data block containing SIP signaling in uplink radio block X+1 the BSS is able to increase the USF scheduling as early as downlink radio block X+3.

· If an error occurs in either of the RLC data blocks sent within uplink radio block X+1 the BSS will be able to detect the error(s) and send corresponding PAN information as early as downlink radio block X+3 allowing the MS to perform an incremental redundancy based retransmission for these RLC data blocks as early as within uplink radio block X+4. 

· An MS may take into account PAN based feedback when deciding which RLC data blocks to re-transmit as indicated in Table 2 below.

· If an LLC PDU containing SIP signaling experiences RLC NPM timer timeout the MS will also take into account PAN feedback received after expiration of this timer to determine if that PDU needs to be re-transmitted as described for case 1 above.

	UL Radio Block
	PAN in Downlink Radio Block X+3 (corresponds to RLC data blocks 1 and 2)

	
	 1  1
	0  1
	1  0
	0  0

	X + 1
	Initial transmission of RLC data blocks 1 and 2

	X + 2
	No transmission

	X + 3
	Pre-emptive re-transmission of RLC data blocks 1 and 2

	X + 4
	IT for 1st and 2nd RLC DB for PDU#2
	NR of 1st RLC DB (twice)
	NR of 2nd RLC DB (twice)
	NR of 1st and 2nd RLC DB

	X + 5
	PR for 1st and 2nd RLC DB for PDU#2
	IT for 1st and 2nd RLC DB for PDU#2
	IT for 1st and 2nd RLC DB for PDU#2
	NR of 1st and 2nd RLC DB

	X + 6
	PR for 1st and 2nd RLC DB for PDU#2
	PR for 1st and 2nd RLC DB for PDU#2
	PR for 1st and 2nd RLC DB for PDU#2
	PR for 1st and 2nd RLC DB for PDU#2


Table 2 – Possible MS Re-transmission Strategy for MCS-6
PR = pre-emptive retransmission (using incremental redundancy)

NR = normal retransmission triggered by NACK (using incremental redundancy)

IT = initial transmission

PDU#2 =  the next LLC PDU containing SIP signaling (if available), otherwise the next LLC PDU containing VoIP payload.

4. Conclusions

From Table 1 above it can be seen that RLC data blocks used to carry SIP signaling can be re-transmitted (using incremental redundancy) a minimum of one time and as many as four times using a realistic example of an NPM timer value (e.g. 120 ms). When this is combined with the ability for any given LLC PDU carrying SIP signaling to be re-queued and resent should its corresponding NPM timer expire, the reliability of SIP signaling is seen as being sufficiently high during PMM.  In addition the following should be noted:

· Even for the worst case where a 2000 octet SIP MODIFY message needs to be sent during a VoIP call, using the MCS-3 example above, the entire MODIFY message can be sent within 2 sec and therefore this will easily be completed within the 5 sec SIP signaling watchdog timer value.
· With a BSS being able to detect the TFI associated with SIP signaling and respond with an increased allocation of USF based transmission opportunities for the corresponding MS, the potential impact of SIP signaling transmissions on VoIP payload transmission from a bandwidth perspective can be essentially eliminated.

· The need to send NAS signaling during a VoIP call may also arise but such messages are quite small (i.e. typically contained within an LLC PDU that may be transmitted using a single RLC data block) and therefore can easily be delivered over the air interface with high reliability and with no appreciable impact on the delay experienced by VoIP payload transmission. When NAS messages are sent, the TFI included in the corresponding RLC data blocks can use the value associated with either VoIP or SIP payload transmission.

· The transmission of an LLC PDU containing SIP signaling can be seen as a high QoS event in that multiple consecutive RLC data blocks are dedicated to the transmission of that LLC PDU (i.e. an initial transmission and one or more IR base pre-emptive re-transmissions of each RLC data block comprising the LLC PDU). This high QoS event can be made to require a small amount of time (e.g. 60ms) so that the possibility of SIP signaling potentially delaying the transmission of VoIP payload can be reduced.
5. Way Forward

In light of the discussion above, the reliability afforded SIP signaling messages during PMM is considered to be acceptable. As such, the primary remaining issue of whether to use a one RLC engine or two RLC engines to support the operation of Pseudo MTBF mode should be treated as being independent of the SIP signaling reliability issue. The use of one RLC engine during PMM is proposed as it is seen as providing a significant advantage over using two RLC engines regarding implementation complexity at L1.
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